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SIP OUT OF-DIALOG REFER MECHANISM 
FOR HANDOFF BETWEEN FRONT-END 

AND BACK-END SERVICES 

FIELD OF THE INVENTION 

0001. The present invention relates generally to the fields 
of telephony networks and telecommunications; more spe 
cifically, to methods and apparatus for handling conference 
sessions involving a group of individuals communicating 
over an Internet protocol (IP) network. 

BACKGROUND OF THE INVENTION 

0002 Many conferencing systems implement a “front 
end’ ingress service with a voice user interface (VUI) that 
users dial into. The VUI typically implements an interactive 
voice response (IVR) system that is used to identify the 
meeting (e.g., meeting ID), the user (i.e., conference par 
ticipant), Solicit authentication and/or credential information 
from the user, and then handoff (i.e., transfer) the user to a 
specific instance “back-end conference service. The spe 
cific conference service is responsible for allocating neces 
sary resources and establishing the connections/media paths 
required to actually conduct and manage the conference 
session. When the conference service is co-located with the 
VUI, the handoff from the front-end service to the back-end 
service is a relatively simple internal operation, requiring 
little or no protocol interaction with the user's endpoint 
device. Often times, however, the front-end and one or more 
back-end services are split due to reasons that include the 
need for the scheduling system to distribute the load on 
various network resources. When the conference or meeting 
is handled by a different service on a separate network server 
from the VUI, a need arises for a protocol that causes the 
endpoint dialog with the front-end VUI service to re-target 
to the back-end conference service without a new call being 
placed. 
0003. One prior art method for implementing the handoff 
from the VUI to the conference service utilizes a basic 
Session Initiation Protocol (SIP) REFER message that is 
sent from the VUI server to the user endpoint device. SIP is 
a well known protocol used for setting up and tearing down 
voice, video, or other multimedia calls. The actual multi 
media communications in SIP is done, for example, using 
the Real-Time Transport Protocol (RTP). SIP is one of the 
leading signaling protocols for voice over IP (VoIP) com 
munications. The SIP REFER method is documented in 
Request for Comments (RFC) 3515. The SIP REFER sent 
from the VUI causes the endpoint to send a new INVITE 
message to the proper conference server. One problem with 
this approach, however, is that it typically lacks a security 
mechanism for properly authenticating the endpoint device 
with the conference service. For example, if the VUI server 
is responsible for collecting and Verifying authentication and 
authorization information from the user endpoint device, a 
secure method for conveying information that the authori 
zation was successful must be included in the REFER to the 
endpoint, and the endpoint must be able to further convey 
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that information in the INVITE to the conference server in 
a secure fashion. Some endpoints may be unable to provide 
Such a secure conveyance. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0004. The present invention will be understood more 
fully from the detailed description that follows and from the 
accompanying drawings, which however, should not be 
taken to limit the invention to the specific embodiments 
shown, but are for explanation and understanding only. 
0005 FIG. 1 is a generalized circuit schematic block 
diagram of a network node. 
0006 FIG. 2 is a conceptual diagram of a communica 
tions network. 
0007 FIG. 3 is a call flow diagram that illustrates a 
procedure for distributing a call to a conference service. 
0008 FIG. 4 illustrates a method of operation corre 
sponding to the call flow diagram of FIG. 3. 

DETAILED DESCRIPTION OF EXAMPLE 
EMBODIMENTS 

0009. In the following description specific details are set 
forth, such as device types, system configurations, authen 
tication methods, etc., in order to provide a thorough under 
standing of the present invention. However, persons having 
ordinary skill in the arts will appreciate that these specific 
details may not be needed to practice the present invention. 
0010. In the context of the present application, a com 
puter network is a geographically distributed collection of 
interconnected Subnetworks for transporting data between 
nodes, such as intermediate nodes and end nodes. A local 
area network (LAN) is an example of Such a Subnetwork; a 
plurality of LANs may be further interconnected by an 
intermediate network node, such as a router, bridge, or 
switch, to extend the effective "size of the computer 
network and increase the number of communicating nodes. 
Examples of the end nodes may include servers and personal 
computers. The nodes typically communicate by exchanging 
discrete frames or packets of data according to predefined 
protocols. In this context, a protocol consists of a set of rules 
defining how the nodes interact with each other. 
0011 Each node typically comprises a number of basic 
Subsystems including a processor, a main memory and an 
input/output (I/O) subsystem. Data is transferred between 
the main memory (“system memory') and processor Sub 
system over a memory bus, and between the processor and 
I/O subsystems over a system bus. Examples of the system 
bus may include the conventional lightning data transport 
(or hyper transport) bus and the conventional peripheral 
component interconnect (PCI) bus. The processor subsystem 
may comprise a single-chip processor and system controller 
device that incorporates a set of functions including a system 
memory controller, Support for one or more system buses 
and direct memory access (DMA) engines. In general, the 
single-chip device is designed for general-purpose use and is 
not heavily optimized for networking applications. 
0012. As shown in FIG. 1, each node 10 typically com 
prises a number of basic Subsystems including a processor 
Subsystem 11, a main memory 12 and an input/output (I/O) 
subsystem 15. Data is transferred between main memory 
(“system memory') 12 and processor subsystem 11 over a 
memory bus 13, and between the processor and I/O sub 
systems over a system bus 16. Examples of the system bus 
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may include the conventional lightning data transport (or 
hyper transport) bus and the conventional peripheral com 
ponent computer interconnect (PCI) bus. Node 10 may 
also comprise other hardware units/modules 14 coupled to 
system bus 16 for performing additional functions. Proces 
sor Subsystem 11 may comprise one or more processors and 
a controller device that incorporates a set of functions 
including a system memory controller, Support for one or 
more system buses and direct memory access (DMA) 
engines. In general, the single-chip device is designed for 
general-purpose use and is not heavily optimized for net 
working applications 
0013. According to one embodiment of the present inven 

tion, a mechanism is provided by which a first “receptionist' 
VUI service solicits information from callers/users who 
wish to participate in a scheduled conference session. The 
information typically includes the meeting ID, the user's 
name, and authentication information (e.g., a password or 
other authentication code) required to accessfjoin the con 
ference session. Once it has gathered the necessary infor 
mation and has verified that the user is entitled to participate 
in the conference session, the VUI service then dispatches 
(i.e., transfers or hands off) the user to the conference 
service. The transfer is accomplished utilizing an out-of 
dialog SIP REFER with embedded Replaces header sent 
from the VUI service to the conference service. In response, 
the conference Service sends a SIP INVITE to the user 
endpoint device, using the Replaces information sent in the 
REFER. This results in a dialog being established between 
the endpoint device and the conference service, thereby 
allowing the user to participate in the conference session. At 
the same time, the INVITE with replaces header method 
results in the previous session between the endpoint device 
and the VUI service being disconnected. 
0014. Although aspects of the present invention are 
described in conjunction with a conferencing application, 
practitioners in the art will appreciate that the present 
invention is broadly applicable to applications and systems 
that rely upon a first service to screen/authenticate users who 
wish to access a second service. In addition to authenticating 
users, the first service also functions to dispatch or handoff 
the user to the second service without the need for a new call 
to be placed. 
0015 Referring to FIG. 2, there is shown an example 
communications network 20 with endpoint devices 25-27 
connected with an internet protocol (IP) network 21. In this 
example, each of the endpoint devices is SIP compatible. 
The endpoint devices are shown comprising a personal 
computer (PC) 25 with software components for placing/ 
receiving calls that include audio and video sessions through 
SIP, and SIP-compatible IP phones 26 & 27. Each of 
endpoint devices 25-27 includes a processor and executable 
code that Supports the protocol enhancements and function 
ality described below. Other endpoint devices not specifi 
cally shown in FIG. 1 that may also be used to initiate or 
participate in a call or receive SIP messages from a network 
node include a personal digital assistant (PDA), a laptop or 
notebook computer, or any other device, component, ele 
ment, or object capable of initiating or participating in Voice, 
Video, or packet-data exchanges with communications sys 
tem 20 in accordance with the protocols described herein. In 
addition, non-SIP devices may be able to access the services 
described by connecting through a network-to-network pro 
tocol converter. For example, IP stations running SCCP or 
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H.323 may connect to a Cisco CallManager'TM, which may 
access the services over a SIP trunk. 

0016 Communications network 20 is also shown includ 
ing a first server 22 coupled with a database 24, and a second 
server 23. In the example of FIG. 2 server 22 implements a 
VUI service for authenticating users who wish to attend a 
conference session conducted by second server 23. In one 
embodiment, server 22 may comprise a processing compo 
nent such as such as Cisco's CallManagerTM system, or 
Cisco's MeetingPlaceTM conferencing application with 
appropriate Software/firmware modules, plug-ins, or 
enhancements for implementing the functions described 
herein. By way of example, Cisco's MeetingPlaceTM con 
ferencing application allows users to Schedule meeting con 
ferences in advance or, alternatively, to set up ad-hoc or 
reservationless conferences through the VUI once they have 
dialed in. Cisco MeetingPlaceTM is typically deployed on a 
corporate network and facilitates Scheduling of business 
conferences from a touch-tone or voice over IP (VoIP) 
telephone, or a computer, using various Software clients, 
such as Microsoft(R) Outlook, or a web browser. 
0017. The VUI service associated with server 22 func 
tions as a screener of callers or users of the conferencing 
service. In operation, the VUI may solicit meeting ID, 
username, password, and other authentication information 
or credentials from the user to verify that the user is entitled 
to use the secondary service (e.g., conferencing) provided by 
server 23. Accordingly, server 22 may access database 24 to 
retrieve the necessary information stored therein to verify 
the authenticity of the user and to verify that the user is 
authorized to attend the meeting. The secondary service 
provided by server 23 is the main service that the user is 
attempting to access or invoke. The VUI implemented on 
first server 22 performs the upfront authentication/informa 
tion gathering tasks, as well as the dispatch or distributing 
functions for transparently handing off the caller/user to one 
or more secondary services. In this regard, although FIG. 2 
illustrates a single server 23 providing the secondary service 
in the present example, it is appreciated that in certain 
applications front-end server 22 can handoff the caller/user 
to any of a plurality of back-end servers, e.g., 23a, 23b, 23c, 
etc. 

0018 Practitioners will appreciate that the VUI associ 
ated with server 22, as well as database 24, can reside 
anywhere on the communications network (e.g., IP network 
21). In certain embodiments, server 22 and database 24 may 
be incorporated into a single physical box or logical entity. 
Likewise, in an alternative embodiment, servers 22 & 23 
may be implemented in a single physical box that provides 
logically distinct functional services. In other words, the first 
and second services referred to in the present application in 
most cases denote different nodes devices in network 20, 
although the different services could reside or be housed in 
a single node/device unit. 
0019 FIG. 3 is a call flow diagram that illustrates a 
procedure for distributing a call to a conference service. 
FIG. 4 is a flowchart diagram showing a method of operation 
corresponding to the call flow diagram of FIG. 3. As such, 
the example method of FIG. 4 will be described in conjunc 
tion with the call flow diagram of FIG. 3. Note that in FIG. 
3, the user endpoint device is represented by line 30, the first 
service is represented by line 31, and the second service is 
represented by line 32. (Practitioners in the art will under 
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stand that the SIP protocol described in FIG. 3 describes an 
example usage, and that it is abbreviated for the purposes of 
clarity.) 
0020. The method of FIG. 4 begins with a user dialing in 
from his endpoint device into the first service (block 41). 
This assumes that a conference session has already been 
scheduled a specific conference instance (e.g., meeting ID) 
and that the conference instance has been assigned to one or 
more specific second servers. This step is shown in the call 
flow diagram of FIG. 3 by the SIP INVITE sent from 
endpoint 30 to first service 31, inviting the first service to 
participate in a call session with endpoint 30. This is 
followed by a 200 OK back from first service 31 to endpoint 
30 indicating a successful receipt of the INVITE. Endpoint 
30 then confirms that it has received a final response to an 
INVITE request by sending an acknowledgement (i.e., 
ACK). Following this message exchange, a dialog exists 
between endpoint 30 and the first service 31, and that this 
dialog controls a voice or multimedia session, also between 
endpoint 30 and first service 31. At this point, the VUI of 
first service 31 may use voice and DTMF media to interact 
with the user via an IVR to acquire the necessary meeting 
ID, authentication information, etc. 
0021. It should be understood that the endpoint may dial 
into any one of a set of VUIS using an access Uniform 
Resource Identifier (URI). Note that a proxy system can 
arbitrarily distribute the endpoint's INVITE to any VUI, 
using any method to achieve the distribution. Distribution 
may be based on currently perceived load on the various 
VUIs, topological proximity between the endpoint and VUI, 
or just random assignment. All instances of the VUI may be 
accessed through a single, common URI, representing, for 
example, a single telephone directory number (DN). This 
allows all endpoints to access any meeting through a single 
number dial-in system. 
0022. Once first service 31 has obtained the necessary 
information from endpoint 30, first service 31 may access a 
database to locate the meeting, authenticate the user's iden 
tity, verify that the user is authorized to participate in the 
meeting, and determine the conference server on which the 
conference session will be hosted (block 42 in FIG. 4). After 
completing these tasks, first service 31 sends an out-of 
dialog REFER to second service 32, i.e., the conference 
service. This step is shown in FIG. 4 by block 43. 
0023 Two message header lines are utilized in the 
REFER ensure that the endpoint device ultimately ends up 
being connected to the proper conference instance. The first 
header is the REFER’s “To message header line, which 
contains a URI identifying the proper instance and server of 
the second service. For example, if the conference service is 
hosted on a conference server whose domain name system 
(DNS) name is “confserver42.belchfire.com', and the con 
ference ID for this meeting is “1234, an example To 
message header line may be “To: sip:1234(a)confserver42. 
belchfire.com'. 

0024. The second header line is the REFER’s “Refer-to' 
message header line, which tells the conference service to 
connect to the endpoint device. The Refer-to message header 
line contains a URI representing the endpoint device. 
Embedded within the URI is a parameter representing a 
"Replaces' message header, which, when processed and 
copied into a Subsequent INVITE message, causes a new 
dialog and session between the conference service 32 and 
the endpoint device 30 to replace the existing dialog and 
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session between the first service 31 and the endpoint 30. This 
dialog is represented by a dialog ID. For example, if the 
endpoint's URI is “sip:12345(aendpointS7.belchfire.com' 
and the dialog ID of the dialog between the endpoint 30 and 
the first service 31 is “la43bc7Jm(aendpointS7.belchfire. 
com; To-tag 3141; From-tag=1414, then the complete 
Refer-to message header line may be “Refer-to: <sip: 
12345(a)endpointS7.belchfire.com?Replaces=1 a43bc7Jm 
%40endpoint57.belchfire.com %3BTo-tag 
%3D3141%3BFrom-tag %3D1418>”. 
0025 If, for example, the first and second services are 
deployed by a common service provider, each service can be 
configured to have a trusted relationship with the other. 
When such a trust relationship is established, the credentials 
of the participant attempting entry into the conference 
service need not be conveyed to the conference service, 
since the second service implicitly trusts that the first service 
has used its VUI to authenticate and authorize the partici 
pant. This simplifies the admission procedures required by 
the conference service, since it does not need to interact with 
the endpoint 30 to re-authenticate and reauthorize. 
0026. A variety of methods may be used by second 
service 32 to insure that first service 31 is authentic. One 
method is for the second service to only accept SIP messages 
and information that are transmitted over a Transport Layer 
Security (TLS) or Secure Socket Layer (SSL) connection 
between the two services. Alternatively, security may be 
provided by a secure Multipurpose Internet Mail Extension 
(S/MIME) body part that contains authentication informa 
tion embedded within the REFER header sent from the first 
service to the second service. 

(0027. Once the REFER has been determined to be legiti 
mate, second service 32 receives and accepts the REFER. 
This results in the second service 32 responding by sending 
a response (202 Accepted) to first service 31, followed by 
second service 32 also sending a NOTIFY back to first 
service 31 to indicate that it is working on the REFER, 
receipt of which is then acknowledged (200 ACK) by the 
first service. 
0028. Once accepted, second service 32 processes the 
REFER, which results in the second service sending an 
INVITE to endpoint 30. The INVITE contains a “Replaces” 
message header line that contains a dialog ID constructed 
from the dialog ID contained in the embedded Replaces 
parameter in the REFER’s “Refer-to” URI. This is shown 
occurring at block 45. 
0029 Finally, once the new session is established, end 
point 30 immediately disconnects the dialog and session 
described by the dialog ID, i.e., the session between end 
point 30 and first service 31 (block 47). It does this by 
sending a BYE message to first service 31, which responds 
with a 200 (OK) message, thereby ending the session. In this 
manner, endpoint 30 has been instructed to transfer its 
session from first service 31 to second service 32 
0030) Endpoint 30 receives the INVITE with “Replaces” 
message header line and processes it, for example, according 
to standard protocol procedures. Endpoint 30 interprets the 
Replaces message header line as indicating, first, that the 
INVITE requests that the dialog and session to be estab 
lished replaces the dialog and session whose dialog ID is in 
the Replaces message header line, i.e., the dialog controlling 
the session between endpoint 30 and first service 31. Sec 
ond, because the INVITE contains a Replaces message 
header line, endpoint 30 does not alert its user of a new 
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incoming call, as it would do upon receipt of an INVITE 
without a Replaces message header line. Instead, endpoint 
30 immediately continues with establishment of the new 
dialog and session by sending a message (200 OK) back to 
second service 32, which in turn responds with an ACK 
message, completing the session establishment (block 46). 
0031 Finally, once the new session is established, end 
point 30 immediately disconnects the dialog and session 
described by the dialog ID, i.e., the session between end 
point 30 and first service 31 (block 47). Endpoint 30 does 
this by sending a BYE message to first service 31, which 
responds with a 200 OK message, thereby ending the 
session. In this manner, endpoint 30 transfers its session 
from first service 31 to second service 32. 
0032. Note that at no time does endpoint 30 initiate a 
communication with second service 32; rather, communica 
tions are initiated by second service 32. As a result, second 
service 32 does not have to re-verify that an inbound 
communication attempt from the endpoint is authentic or 
authorized. Instead, second service 32 trusts that authenti 
cation and authorization has been handled by first service 31 
prior to initiation of the REFER. 
0033. When second service 32 completes the session 
establishment with endpoint 30, it notifies first service 31 
that the REFER has been successfully completed by sending 
a NOTIFY with a successful completion indication back to 
first service 31 (block 48). First service 31 acknowledges 
receipt of the NOTIFY by sending a 200 OK response; at 
that point first service 31 considers the REFER request to be 
complete. 
0034 Practitioners in the networking and communica 
tions arts will appreciate that the embodiments described 
above are transparent to the client endpoint devices. That is, 
no changes are required to existing client endpoint so long 
as they can implement SIP INVITE with Replaces. Also, 
alternative embodiments may include additional message 
headers embedded in the Refer-to URI. For example, the 
first service 31 may also embed a “Referred-by' message 
header in the Refer-to URI, facilitating security procedures 
that the endpoint 30 may wish to implement. 
0035. It should be further understood that elements of the 
present invention may also be provided as a computer 
program product which may include a machine-readable 
medium having stored thereon instructions which may be 
used to program a computer (e.g., a processor or other 
electronic device) to perform a sequence of operations. 
Alternatively, the operations may be performed by a com 
bination of hardware and software. The machine-readable 
medium may include, but is not limited to, floppy diskettes, 
optical disks, CD-ROMs, and magneto-optical disks, 
ROMs, RAMs, EPROMs, EEPROMs, magnet or optical 
cards, propagation media or other type of media/machine 
readable medium Suitable for storing electronic instructions. 
For example, elements of the present invention may be 
downloaded as a computer program product, wherein the 
program may be transferred from a remote computer or 
telephonic device to a requesting process by way of data 
signals embodied in a carrier wave or other propagation 
medium via a communication link (e.g., a modem or net 
work connection). 
0036 Additionally, although the present invention has 
been described in conjunction with specific embodiments, 
numerous modifications and alterations are well within the 
Scope of the present invention. For example, the present 
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invention is not limited to audio/video applications and may 
also be useful to other communication technologies involv 
ing a front-end service that distributes communication calls 
to one or more back-end services. Accordingly, the specifi 
cation and drawings are to be regarded in an illustrative 
rather than a restrictive sense. 

We claim: 
1. A method comprising: 
receiving, during a first session between an endpoint and 

a front-end service, a request from the endpoint to 
access a back-end service; 

obtaining information from the endpoint that entitles a 
user of the endpoint to access the back-end service; 

sending, by the front-end service, a message to the 
back-end service that instructs the back-end service to 
establish a second session with the endpoint, the second 
session replacing the first session; and 

establishing, by the endpoint, the second session between 
the back-end service and the endpoint. 

2. The method of claim 1 wherein the message comprises 
a Session Initiation Protocol (SIP) out-of-dialog REFER 
message, which includes: 

a first message header line containing a first identifier of 
the back-end service; and 

a second message header line containing a second iden 
tifier specifying the endpoint, and an embedded 
Replaces message header specifying a dialog identifier 
of the first session. 

3. The method of claim 1 wherein the message comprises 
a Session Initiation Protocol (SIP) out-of-dialog REFER 
message, and further comprising: 

receiving, by the front-end service, a SIP NOTIFY sent 
from the back-end service indicating that the second 
session has been established. 

4. The method of claim 1 wherein the back-end service 
comprises a conferencing service. 

5. The method of claim 1 further comprising: 
disconnecting, by the endpoint, the first session between 

the front-end service and the endpoint. 
6. The method of claim 1 further comprising: 
accessing a database, by the front-end service, to locate 

the second service in response to the request. 
7. The method of claim 1 wherein the first service 

comprises a voice user interface (VUI). 
8. A method comprising: 
verifying, by a first server, that a user associated with an 

endpoint is authorized to access a service provided by 
a second server; and 

sending, by a first server to the second server, a Session 
Initiation Protocol (SIP) out-of-dialog REFER with a 
To message header line identifying the second server, 
and a Refer-to header containing a Uniform Resource 
Identifier (URI) identifying an endpoint to which to 
send an INVITE and a Replaces header with a dialog 
ID identifying the session between the endpoint and the 
first server to replace, the SIP out-of-dialog REFER 
causing the second server to send a SIP INVITE with 
the Replaces header to the endpoint to establish a new 
session between the endpoint and the second server and 
to disconnect the session between the endpoint and the 
first server. 
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9. The method of claim 8 further comprising: 
receiving, by the first server, a SIP NOTIFY sent from the 

second server indicating that the new session has been 
established. 

10. The method of claim 8 wherein the Replaces header 
further comprises information authorizing the endpoint to 
access the service. 

11. The method of claim 8 wherein the service comprises 
a conferencing service. 

12. The method of claim 8 further comprising: 
accessing a database, by the first server, to locate the 

second server. 
13. Logic encoded in one or more media for execution and 

when executed is operable to: 
receive a request from an endpoint to participate in a 

meeting hosted by a conference server, 
obtain information that includes authorization informa 

tion entitling a user of the endpoint to participate in the 
meeting; and 

send a Session Initiation Protocol (SIP) out-of-dialog 
REFER with a Replaces header to the conference 
server, the information being embedded within the 
Replaces header, responsive to the SIP out-of-dialog 
REFER the conference server sending a SIP INVITE 
with the Replaces header to the endpoint to establish a 
session between the endpoint and the conference 
SeVe. 

14. The logic of claim 13 wherein execution of the one or 
more media is further operable to: 

receive a SIP NOTIFY sent from the second server 
following establishment of the session. 

15. The logic of claim 13 wherein the information 
includes a meeting identification (ID) and a name of the user. 

16. The logic of claim 13 wherein execution of the one or 
more media is further operable to: 

access a database to locate the conference server hosting 
the meeting. 

17. Logic encoded in one or more media for execution and 
when executed is operable to: 
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invoke a voice user interface (VUI) that interacts with a 
caller using an endpoint during a dialog session to 
acquire information that includes an identification (ID) 
of a meeting; 

access a database to locate a conference server hosting the 
meeting; and 

send a Session Initiation Protocol (SIP) out-of-dialog 
REFER with an embedded Replaces header to the 
conference server, the Replaces header including a 
dialog ID of the dialog session, wherein the conference 
server sends a SIP INVITE with the Replaces header to 
the endpoint to establish a new dialog session between 
the endpoint and the conference server in response to 
the SIP out-of-dialog REFER. 

18. The logic of claim 17 wherein execution of the one or 
more media is further operable to: 

receive a SIP NOTIFY sent from the conference server 
following establishment of the new dialog session. 

19. An apparatus comprising: 
an interface for connection with a network; 
a program that runs on the node to produce a Voice user 

interface (VUI), the VUI interacting with a user of an 
endpoint device who wants to access a second service 
running on a server, during a dialog session with the 
endpoint the VUI operating to acquire information that 
includes authentication information of the user, the 
program Verifying the authentication information and 
then sending a Session Initiation Protocol (SIP) out 
of-dialog REFER with an embedded Replaces header 
via the interface to the server, the Replaces header 
including a dialog ID of the dialog session, wherein the 
conference server sends a SIP INVITE with the 
Replaces header to the endpoint to establish a new 
dialog session between the endpoint and the conference 
server in response to the SIP out-of-dialog REFER. 

20. The apparatus of claim 19 wherein the program is 
further operable to terminate the dialog session between the 
VUI and the endpoint after a SIP NOTIFY sent from the 
conference server is received at the interface. 
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